As society developed expeditiously, more attentions have been paid towards harm of noise. Hence, noise reduction has become a significant in industries. Localization of rotating sound source plays a main role in the process of noise reduction. Ring microphone array is essential in order to localize the rotating sound source using frequency domain algorithm, since it's able to construct a virtual array rotating synchronously with the rotating sound source in order to remove Doppler Effect. Array radius and the number of microphones play their key roles in ring microphone array， which they will significantly affect the measurement accuracy and costs. In spite of that, there is no evidence proof that radius and microphone number have an impact on the accuracy of rotating sound source localization. The intention for this study is to qualitatively analyze the impacts of radius and microphone number on the measurement accuracy. The intensity, position, resolution and dynamic range of the initial sound source are regarded as evaluation indexes by using rotational beamforming, deconvolution algorithms to compare the results. As conclusion, only when the ratio of the array radius to the rotating radius of the sound source is nearly 1 and the ratio of microphone number to the circumference of the ring array within 128/0.5π~32/0.5π, rotating beamforming would have a better spatial resolution and dynamic range. Moreover, the intensity error obtained by deconvolution algorithm is only 0.0128dB, and the position deviation has no business with array parameters. In a nutshell, this study provided guidance in localization of rotating sound source using ring microphone array, where it kept a balance between measurement accuracy and cost needed.
INTRODUCTION
A microphone array has been widely used to study the problem of sound source localization. The processing of noise reduction has become necessary in industry, because of the higher and higher requirements for the living environment. The following noise reduction design depends on how to locate the sound source better. In practical engineering, most of the noise were generated by rotating mechanical motion, such as open rotor engine blade rotation in aero-engine field 1 , Wind turbine blade rotation in civil field 2, 3 , and so on. Therefore, the localization of the rotating sound source is very important in the noise reduction design for the rotating noise.
A virtual array synchronized with the rotating sound source can be constructed by a ring microphone array 4 , so that the sound source and the virtual array are relatively stationary. It is widely used in the rotating sound source localization, because it can eliminate the Doppler effect caused by the motion of the sound source 5 . The algorithm precision optimization and array parameter optimization both can locate the sound source accurately and efficiently.
In the development of algorithm optimization, researchers have successively designed a simple and reliable delay-and-sum beamforming algorithm (DAS), which has the disadvantage of low spatial resolution. Then the deconvolution algorithms, such as DAMAS and CLEAN-SC with high spatial resolution and clean image have been designed [6] [7] [8] . On the other hand, the installation parameters of the microphone array, such as the number of microphones and the array radius have an effect on the actual measurement process 9, 10 . For the measured sound source, the measurement results will get higher precision with more microphones. However, the cost of the array measurement will increase because of the high cost of microphones, so it is not desirable in the actual measurement process. Meanwhile, the size of the array radius will also affect the accuracy of the measurement results. At present, a qualitative study on the influence of array installation parameters in the process of rotating sound source localization has not been carried out by engineering and academic circles.
In this paper, the influences of microphone array parameters on the rotating sound source localization were studied systematically mainly from the aspects of microphone number and array radius. The numerical analysis method was adopted in this paper in order to avoid the error effect analysis introduced by the experiment method. This paper used beamforming algorithm and deconvolution algorithms to compare, in order to obtain accurate data results. The effects of microphone number and array radius on the simulation results were studied respectively. The variation of the beamforming resolution and dynamic range was analyzed by calculating the bandwidth of the -3dB main lobe and the sidelobe suppression level of beamforming. The variation curves of the localization position deviation and the localization intensity error were given by comparing the deconvolution results with the position and intensity of the initial sound source.
The full paper is divided into four parts. In the second section, the frequency domain algorithms of ring microphone array are introduced, including rotating beamforming algorithm and deconvolution algorithms. In the third section, the simulation models are designed and the parameters of the simulation models are given. In the fourth section, the simulation results are compared with the position and intensity of the initial sound source, and the deviation curves of the localization position and the localization intensity are given. In the fifth section, the simulation results are analyzed and discussed, the following research will be introduced. In the sixth section, the research conclusions and some suggestions for practical engineering measurements are given. The purpose of this paper is to study the influence of array parameters on the localization of rotating sound source and to guide the practical application in order to achieve the measurement goal of accurate measurement and cost-saving.
METHODOLOGY

Beamforming Algorithm
Considering a grid of N focus points xt, the frequency domain formulation for the basic delay-and-sum beamformer is
with the superscript H denoting conjugate transposition, Ω is the angular frequency of rotating sound source, and the dimension of guide vector W corresponds to the number of microphones used, including phase shift and amplitude correction [11] [12] [13] . and frequency shift wave number due to rotation 0 = + 0 Ω (4) and 0 (·) is first kind of Legendre function of degree n and order m0, and
Where (·) is the first kind of spherical Bessel function, and ℎ ( 0 ) (·) is 0 kind of spherical Hankel function and
the Green's function G is introduced
Calculate the guide vector matrix W (1) is expressed as the cross-spectral matrix. These are time signals measured by microphones and calculated by Welch spectral estimation method 14 . The principal diagonal of matrix C can be excluded from the analysis so as to reduce the error caused by the irrelevant background noise produced by the measurement, because the self-spectrum does not contain the phase difference between signals or the obvious amplitude information in other matrix terms 15 . The beamformer output B(xt) can be interpreted as the actual sound source distribution derived from the convolution of a point spread function. The properties of the beamforming algorithm and the selection of the geometry of the microphone array introduce the systematic error, which lead to a rather fuzzy distribution map of the sound source. Therefore，Many high resolution algorithms have been proposed, such as DAMAS CLEAN-SC.
Deconvolution Algorithms
DAMAS algorithm is an iterative algebraic deconvolution method. The deconvolution acoustic power ′ is obtained via point spread function matrix A and beamforming results. The computational grid of DAMAS needs to be fine enough, and too thick grid points will also cause spatial mixing of sound source distribution. In addition, DAMAS has the disadvantages of large computation and long operation time 16 . Some studies have shown that DAMAS with low frequency resolution has some advantages for the larger aperture array 17 . Ma & Liu 7 proposed a method to compress the number of grids by dropping invalid grids, thus solving the problem of computing efficiency. CLEAN-SC, as one of the most efficient algorithms at present, its basic principle is to search for the maximum peak of beamforming output and copy its value into a clean mapping graph. Then, identify the coherent parts and subtract them from the original dirty graph, leaving different maximum values. Repeat this process until the more important source is not found in the original dirty graph or the maximum number of iterations is reached 18 . In this paper, the two algorithms are used to compare and analyze the results.
Resolution and Dynamic range
The beamforming resolution and dynamic range in this paper are calculated by constructing the point spread function
psf(y(v)/y(s))=|( Ω ) Ω | 2 ,v=1,2,3,…,S, s=1,2,3,…,S(10)
After constructing the point spread function, selecting the point spread function at the center of the grid to analyze the dynamic range and resolution. the highest peak point in the two-dimensional beamforming diagram is placed in the center of the image, and the horizontal line of the peak point is the X axis. The spectral bandwidth at peak point -3dB is the beamforming resolution. he dynamic range of beamforming is determined by calculating the vertical displacement between the peak and the secondary peak 19 .
Figure 2 PSF Results
APPLICATION SIMULATIONS
In this paper, the influences of microphone array parameters on the sound source position and sound source intensity are analyzed, and simulation models are designed. Figure 3 shows the source distribution
Figure 3 Source Distribution
Two sets of simulation models are designed aiming at the influences of array radius and microphone number. Sound source processing parameters and simulation models are as follows The first set of simplified simulation model used only a single point source. The frequency of the sound source was 1,600Hz at low frequency, 5,000Hz at intermediate frequency and 10,000Hz at high frequency. Three typical sound sources frequency have been chosen, then changed the radius of the array from 0.125m~1.0m respectively, set the number of microphones to 128, with the sound source parameters kept unchanged. The relationship between the array radius and the sound source rotation radius was explored by calculating the beamforming resolution and dynamic range, which minimizes the position deviation and the intensity error.
The second group explored the effects of microphone number and followed the sound source model in the second set. Choosing the frequency of the three sound sources as above, keeping the position of the sound source, rotating radius and rotating speed unchanged, changing the number of microphones from 16~128 respectively, the simulations were carried out at the array radius 0.25m. This group aimed to find the ratio of microphone number to radius which satisfies the minimum position deviation and intensity error obtained by deconvolution calculation, while the relationship between microphone number and array perimeter on beamforming resolution and dynamic range were observed at the same time. Figure 4 shows the intensity errors when the array radius is changed. The vertical coordinate indicates the absolute value of the deviation between the simulation intensity and the initial intensity of the sound source, and the transverse coordinate indicates the ratio of the array radius to the sound source rotating radius. The sound source rotating radius is 0.25m in this process, and the number of microphones used is 128. The radius of the array is 0.125m, 0.25m, 0.5m, 0.75m, 1.0m respectively. In comparison with Figure 4 (a) and Figure  4 (b), we can find that under this array condition, the accuracy of sound source intensity using CLEAN-SC algorithm is higher than that of DAMAS algorithm. In Figure 4 (a) , the accuracy of the measurement intensity is higher when the radius of the array is close to the rotation radius of the sound source, and the error range increases obviously with the increase of the radius ratio. In Figure 4 (b) , the DAMAS algorithm has a large deviation when the frequency of the sound source is 1,600Hz and the array radius is smaller than the rotating radius.
RESULTS AND DISCUSSION
Results
Effects caused by array radius
(a) CLEAN-SC Results
(b) DAMAS Results
Figure 4 Localization Intensity Errors
In Figure 5 , the cloud images of three frequency sources at the radius of 0.125 m ,0.25m and 1.0 m are given respectively.
Figure 5 Localization Positions
Considering the influence of the array radius on the position error of the sound source, the maximum position y ′ ( 0 ) of the sound source is obtained from q w ′ , and the position error of the source location is calculated ∆d = | ( 0 ) − ′ ( 0 )|. Figure 6 is the relationship curve of position deviation between radius ratio, in which the position deviation range is 0m ~ 0.01m. With the increase of the ratio of array radius to sound source rotating radius, the position deviation of sound source remains unchanged. It is shown that changing the array radius does not cause the position deviation of rotating sound source without any deviation in array installation. The accuracies of DAMAS and CLEAN-SC algorithms are also verified. Figures 7-8 . indicate relationship curves of beamforming resolution and dynamic range with array radius are given respectively. The beamforming resolution is obtained by calculating the bandwidth at -3dB of the highest peak value. The sidelobe suppression of the maximum point to the secondary peak position is dynamic range, and the point spread function matrix PSF is used to calculate the beamforming resolution. It can be found that the highest resolution is 0.6m in Figure 7 , when the resolution is large, the acoustic source point will be located coherently. Therefore, the lower the resolution is, the clearer the distribution of the sound source will be. The resolution becomes better with the increase of the size of the array. In the case of low frequency 1,600Hz, the resolution value is larger when the array size is small, and the suppression effect for sidelobe is poor, so there will be aliasing dirty source. It has the best resolution when the array radius is larger. Figure 8 shows the relationship between the dynamic range and the array radius. The sound source resolution in the low frequency stage is very poor, so the dynamic range can be approximately considered to be infinity, but it does not mean that it is an excellent dynamic range. The dynamic range indicates suppression effect of the main lobe to the side lobe. In practical localization, the maximum sound pressure point should be determined as the sound source location, and the side lobe should be well suppressed.
Figure 6 Localization Position Deviations
Figure 7 Resolution Ranges
Figure 8 Dynamic Ranges
Effects caused by microphone number Figure 9 shows the intensity errors when microphone number is changed. In the condition of CLEAN-SC algorithm, it is not difficult to find that the stability of the CLEAN-SC algorithm in the middle and low frequencies is good. The error range of the sound source intensity is 0.0129dB ~4.8279dB, and the intensity error increases with the decrease of the ratio of number to radius and the deviation value in the highfrequency phase is more obvious with the decrease of the number of the microphones, and the deviation is large.
(a) CLEAN-SC Results
(b) DAMAS Results
Figure 9 Localization Intensity Errors
In the case of DAMAS algorithm, it can be seen that when the DMAS algorithm is employed at low frequency, the intensity fluctuation is large, and when the center frequency is high, the error increases with the microphone number decreases. The minimum localization intensity error of DAMAS algorithm is about 0.0246dB and the maximum positioning intensity error is about 4.3745dB when N_D ratio is 128/0.5 π ～ 32/0.5 π . DAMAS algorithm is good at the intermediate frequency, but there is a significant deviation when the microphone number is 16. Figure 10 shows the location cloud of the three frequency sources at the number of microphones at 16,64 and128.
Figure 10 Localization Positions
In Figure 11 , the deviation of the localization position is basically unchanged, with the decrease of the microphone number to array radius, indicating that in the case of the array installation is correct, the change of the array N_D ratio has no effect on the deviation of the localization position. The deviation of low-frequency position value may be caused by the serious aliasing of low-frequency sound source and poor resolution, so it is impossible to locate the position of sound source accurately. At high frequency, there is a large deviation at a small N_D ratio, which indicates that the size of the subarray may not be accurately measured when the number of microphones is reduced to 16. Figures 12-13 indicate the beamforming resolution and dynamic range. According to the change curve of resolution and the influence of array radius, it can be found that the size of resolution is independent of the number of microphones, but only related to the change of array radius, and increases with the size of the array. It is also found in the above image that the resolution value decreases gradually with the increase of frequency, and the resolution is good, but the resolution of aliasing is poor in the low frequency stage. When the dynamic range is observed, the low frequency range is considered to be infinite, so the resolution of the low frequency segment is poor without sidelobe suppression. The number of middle and high frequency microphones varies little, fluctuates up and down, and there is no obvious phenomenon, but it is mainly related to frequency.
Figure 11 Localization position deviations
Figure 12 Resolutions Ranges
Figure 13 Dynamic Ranges
Discussion
The influences of the installation parameters of the microphone array on the localization of the rotating sound source are explored in this paper. The variations of the localization intensity and the position are mainly studied, and the beamforming resolution and dynamic range are also included in the performance inspection index. This paper aims to find the appropriate array installation parameters for the academic and engineering community. Then analyse the effects of changes on the array radius and microphone number in the localization of the sound source, so as to provide the theoretical guidance for the microphone array measurements in the practical engineering. All relevant issues will be discussed in this section.
The primary task of sound source localization is measuring intensity and position accurately. It can be found out that the variation trend of intensity error is obvious when the array size changes. However, when considering the influences of microphone number change on localization, only 0.25m array radius was selected, and five groups of microphone number change experiments were carried out. Then, the influences of microphone number change on different array sizes will be investigated.
Secondly, the performance of the sound source localization process can be evaluated by resolution and dynamic range. Since the grid point used in this paper was 61x61, there may be some errors in the data acquisition, so we can increase the number of grid points to explore the changing rule of resolution and dynamic range for further.
Finally, the simulation models in this paper are based on the localization distance of 1m. The following simulation can explore the influences of localization distance changes in the localization process. The linkage effect between the location distance, the microphone number and array radius for rotating sound sources can be studied.
CONCLUSION
In this paper, the influences of the localization of the sound source caused by the changes of the array parameters are studied, and conclusions are drawn as follows.
1) No matter how the installation parameters of the microphone array are changed, the deviation of the position of the sound source is within the allowed range, if there is no deviation of the installation angle. It indicates that the position of the sound source will not be affected by changing the parameters of the array. It also reflects the accuracy of CLEAN-SC and DAMAS deconvolution algorithms.
2) When the Radius Ratio is 1, the intensity error is only 0.0128dB, and the intensity error increases linearly with the increase of the Radius Ratio. It is indicated that the array radius should be as close as possible to the sound source rotating radius in the measurement. When the radius of the fixed array is large, the intensity error increases gradually with the microphone number decreases, and there is a great difference in the error as for the high frequency range. At the same time, it is found that the precision of CLEAN-SC algorithm is higher than that of DAMAS algorithm.
3) Resolution and dynamic range are used to evaluate the performance of microphone array. The value of resolution and dynamic range determines the position of the identified sound source and the accuracy of the intensity. The resolution value decreases with the array size increases. The larger the array radius is, the better the resolution is. When the array radius is constant and the number of microphones is changed, the dynamic range has little effect on the resolution and dynamic range. 4) In the practical engineering survey, the array radius should equal to the rotating radius, the microphone number should within the N_D 128/0.5 π~32/0.5 π . Under this arrangement, the intensity and position of sound source, and dynamic range of beamforming resolution are better. 
NOMENCLATURE
